We present a highly efficient filter structure to create power-complementary filter pairs for phantom source widening. It either introduces frequency-dependent phase or amplitude differences in a pair of loudspeaker signals. We evaluate how the perceptual effect is influenced by off-center listening positions in a standard ±30
Introduction
A pair of loudspeakers symmetrically arranged with regard to the listener and driven by the same signal evokes a perceived auditory event in the middle between the loudspeakers. The location of this auditory event, the so-called phantom source (Wendt, 1963) , is generally known to be influenced by timedelay and/or level differences of the loudspeaker signals (Wendt, 1963; Plewa, Kleczkowski, 2011) . In general, it appears to have a width (Kin, Plaskota, 2011) that can be different to the width of a real sound source (Zotter et al., 2011) . The literature about (pseudo-)stereophony (Gerzon, 1993; Schröder, 1958; Orban, 1970b) , stereo decorrelation (Kendall, 1995; Potard, Burnett, 2004; Bouéri, Kyriakakis, 2004) , and parametric spatial audio (Laitinen et al., 2012; Potard, 2006; Szczerba et al., 2011) describes that nonuniform amplitude differences or phase differences over frequency are suitable for controlling the phantom source width. Phantom source widening provides a way of shaping the spatial salience of a sound signal with only little effect on its location, reverberation, or coloration.
A recently presented sinusoidal-phase all-pass method (Zotter et al., 2011) could be tested in varying parameters. It seemed to be quite efficient and effective according to listening tests that were done at the central listening spot. Moreover, a pronounced negative correlation between perceived source width and the inter-aural coherence (measured by the inter-aural cross-correlation coefficient, IACC) could be experimentally proven. Nevertheless, the question remains how good the method works for outside the central listening spot and how much audible spectral corruption is produced.
Among the known methods, not all are phasebased. The known amplitude-based approaches are not similar to the phase-based method (Zotter et al., 2011) in various ways (response structure, computational efficiency, power-complementarity). If a more similar amplitude-based phantom source widening algorithm was found, it would be useful to pose the question, whether amplitude-based or phase-based widening would be favorable.
This article therefore reviews suitable deterministic phantom source widening strategies in Sec. 2 with regard to their differences, considering computational effort, power-complementarity, and phasiness documented by Gerzon (1993) . A further simplified version of the phase-based method from (Zotter et al., 2011) is presented in Sec. 3, making its implementation easier and its highly efficient nature clearly obvious. As alternative, Sec. 4 presents a novel amplitudebased method that uses the same filter structure as the phase-based one and re-uses its coefficients. Section 5 is a review of the experimental results from (Zotter et al., 2011) and the IACC as a predictor, and it discusses the dependency of the IACC on the interchannel cross-correlation coefficient (ICCC). The prediction is applied to laterally shifted listening positions in Sec. 6 with both the phase-based and amplitude-based method, using the IACC (ISO, 2009) measured with a dummy head. Hereby, the question can be dealt with, how good both phantom source wideners work in comparison to each other and outside the central listening position. Additionally, Sec. 6 observes in how far the algorithms introduce perceivable spectral corruption by measuring composite binaural third-octave level deviations. The deviations from the levels of the unaltered phantom source indicate possible coloration effects.
Review of phantom source widening filter pairs
Raised cosine filter responses are surprisingly simple to achieve. A straightforward implementation is done as a pair of discrete-time systems. In the ztransform domain, a delay by a positive time-shift δ(t − T) is written as z −N (Oppenheim et al., 1999) , with N = T f s , the adjustable time-delay T, and the sample rate f s ,
and eventually yields the linear time-invariant (LTI) frequency responses of a raised cosine with a pair of signs
To avoid out of phase signals, the parameter φ should be used within the interval −1/2 ≤ φ ≤ 1/2. Although this filter pair would produce widened phantom sources, it is not surprising that it was not discussed a lot. Its result is perceived as severely corrupted and colored when | φ| is close to one half. This is largely because the frequency responses are only amplitude complementary,
The so-called Lauridsen network (Schröder, 1958; Orban, 1970a,b) is another simple pair of comb filters aiming at creating a widened phantom source. Combining positive and negative time-shifts with different signs, the pair of Lauridsen filters
has Fourier transforms that are obtained after inserting z = e iω/f s , N = T f s , and applying Euler's identities
These filters are LTI and power-complementary,
due to cos 2 + sin 2 = 1. One could expect that their effect is less annoying. However, this is not the case: their effect was perceived as even more annoying. Gerzon (1992) reported it to be phasey and assumed that this is due to the phase shift of 90
• between the filter responses.
Frequency-dependent amplitude variation that is time-invariant has been considered by Gerzon (1992 Gerzon ( , 1993 in order to reduce the effects of phasiness. Among various other phase-based, even time-variant methods he proposed, this is done by a frequency dependent and power-complementary amplitude variation between the channels using the parameter
Gerzon noted that this part of his idea would be more complicated to implement than all-passes. The impulse responses need to be made causal and would tend to be long. In his opinion, the curve ϕ(ω) should describe a to-and-fro contour on a Bark frequency scale.
Frequency-varying Vector-Base Amplitude Panning (Pulkki, 1997; Laitinen et al., 2012) on a pair of loudspeakers located at ±α can be expressed by Eq. (6) using energy-normalized panning (tangent law, Pulkki (1997) ). The angle ϕ(ω) is dependent on the panning angle that lies between the loudspeakers
Laitinen et al. (2012) proposed to employ a triangular panning curve over frequency, which lies between − φ ≤ ϕ(ω) ≤ φ and has a random starting parameter ϕ 0 for low frequencies, (Zotter et al., 2011 ) investigated a sinusoidal-phase all-pass with a sparse and efficient FIR implementation in the time-domain. Hereby, a static cosine contour of the inter-channel time-delay with regard to frequency was achieved, which reliably and efficiently produced widened phantom sources. Due to the convincing results of the listening test, this method is a reference here, and it will be simplified to a reasonable approximation in the following section.
Phase-based: efficient sinusoidal phase all-pass pair
The widening method in Zotter et al. (2011) inserts a cosine-modulated inter-channel time-delay with the periodic modulation interval of ∆f = 1/T over frequency and a peak magnitude of 2 τ between the pair of channels. Despite the algorithm applied the timedelay modulation depth τ as a parameter, a closer inspection of the listening test results in Sec. 5 reveals that rather the phase modulation depth φ = τ /T is a relevant parameter. In particular, the width indicated by the listeners and the IACC was related to the product τ ∆f = τ /T = φ, see also Table 1 . Therefore φ is favored as parameter here, also because it appears to control the ICCC independently of the time-delay T. 
The Kronecker delta δ l,0 was inserted to avoid a factor of two for l = 0; it is zero for l = 0 and 1 otherwise. The Fourier transform of the equation was demonstrated in Zotter et al. (2011) and simply is
The impulse responses are sparse and real-valued, and with small arguments φ ≤ π/2, the infinite sum can be easily truncated. According to the appended series expansion Eq. (23), the filter pair is simplified with reasonable accuracy by the equation
with the weights Figure 1 shows the signal flow graph for causal phase-based phantom source widening applied on a mono signal, and its frequency responses are depicted in Fig. 2 . The power |H 1 | 2 + |H 2 | 2 of the simplified filter pair deviates from unity by less than 0.1 dB, which is considered to be sufficiently small (Karjalainen et al., 1999) . The frequency period of the sinusoidal phase is adjustable by the time-delay as 1/T.
Amplitude-based: efficient cosine of raised cosine pair
A simple way to obtain a power-complementary zero-phase filter for widening would be to apply the square root to the raised cosine filter Eq. (1), see appended Eq. (24) . A similar power-complementary response pair that is easier to approximate is obtained by insertion of ϕ = φ cos(ωT) into Eq. (6), which yields
This response pair is related to the phase-based one of Eq. (10) as formulated in the appended Eqs. (25) and (26), and it is therefore surprisingly simple. As Eq. (9), it also involves the Bessel functions as coefficients
but now two sign alteration patterns
l equally determine the signs of the symmetric delays z ±l N . Because this is the only difference, the infinite sum is truncated as in the section above, and the coefficients are approximated with Eq. (12),
Note that also the filter structure is exactly the same as for the phase-based method, and it even creates the same decorrelation, see appended Eq. (28). Figure 3 shows a causal signal flow graph for the new amplitude-based method of phantom source widening applied on a mono signal. The frequency responses are depicted in Fig. 4 and exhibit the deviation from a power-complementary response by less than 0.1 dB, as before. There is a curve for each φ value of Table 1 . 
Evaluation at the central listening position
This section discusses the effect of the presented efficient widening algorithms in terms of known experimental data. These data are well predicted by the IACC, which is affected by the ICCC of the two playback channels. Both technical measures are introduced and applied to compare both widening effects.
Experimental results from a previous listening test
The phase-based approach was tested with a listening experiment in a preceding article (Zotter et al., 2011) . The analysis presented here uses experimental data thereof that was obtained for pink noise processed with the phase-based widening structure using the parameters 1 given in Table 2 . 
clearly revealed that exactly half the stated value was employed. The erratum was forwarded to the DAFx-11 editors and the online publication includes a dated erratum remark. Experimental setup. The experiment was set up in a 11 m×11 m×5 m room with a mean reverberation time of RT 60 = 470 ms, using 2 Genelec 8020 loudspeakers at ±30
• . The listening distance was 2 m, which is within the effective critical distance of the room. Originally, 8 conditions were compared in a full pairwise comparison that was performed twice within each stimulus set: one generated from 5 s pink noise, the other from 22 s male speech. Participants were familiarized with the noise stimuli that were leveled to 65 dB(A), took about 15 min to finish their 56 comparisons tasks (different random order for each participant) with noise, took an intermission, and then the entire procedure was repeated from the start but with speech stimuli. The subjects responded by either selecting the sound in each pair that was perceived as wider or stating that both were equal, using three marked keys of a keyboard on their lap. Seamless switching within the comparison pair while listening was possible at any time. All 11 participants were members of a trained listening panel and had participated in an experiment about source width before . Below, only results for the noise stimuli using the phase-based FIR algorithm with settings of T = {1.7, 2.5, 5} ms were used, as those for speech are similar anyway. The condition C5 with T = 0.8 ms was excluded as it caused other effects as well, C1 (mono) and C3 (IIR widening) are excluded as they do not match the topic of the present article.
Results. The individual repetitions were averaged, and the Thurstone scales (Thurstone, 1994) were recalculated based on the full pairwise comparison response matrices for the selected conditions of Table 2 . The scales were calculated for each participant's individual responses to estimate inter-subjective confidence intervals, and one overall scale was built upon a response matrix pooled from all participants as a consistency check. Figure 5 shows the significant effect of φ on the perceived source width scale. Conditions C6 and C7 only differ in the amount of delay T and yield significantly equal results. 
Technical prediction

Inter-Aural Cross-Correlation Coefficient (IACC).
Originally conceived to describe the apparent source width in room acoustics, the IACC also suitably describes the width change of the phantom source after the application of widening. It is defined as the maximum of the inter-aural cross-correlation function (IACF), cf. ISO (2009),
which is calculated from the binaural signal pair x left (t), x right (t). In our evaluation, the signal pair was replaced by the binaural impulse response pair due to an impulse at the system input, and the early part (t 1 = 0 ms and t 2 = 80 ms) is of particular interest, averaged over the octave bands 500 Hz, 1 kHz, and 2 kHz as defined in Hidaka et al. (1995) , denoted as IACC E3 . The IACC E3 exhibits a 97 . . . 98% statistical correlation to the perceived source width across all conditions of the experiment (speech, noise, other filtering structure). Therefore, we assume that the phantom source width can be estimated by measuring the IACC E3 . In order to document the ear signals of the experiment, they were recorded using a B&K 4128C Headand-Torso simulator at the listening position, and binaural loudspeaker impulse responses were measured. These, h 1,left (t), h 2,left (t), h 1,right (t), h 2,right (t) , can be used to calculate ear signals due to any pair of loudspeaker signals s 1,2 (t) by convolution
and x right (t) = h 1,right (t) s 1 (t) + h 2,right (t) s 2 (t).
Inter-Channel Cross-Correlation Coefficient (ICCC).
The phantom source widening algorithms above directly control the correlation between the loudspeaker signals s 1,2 (t). The ICCC is the maximum of the interchannel cross-correlation function (ICCF)
To obtain a generalized estimation, the signal pair s 1,2 (t) is replaced by the impulse response pair h 1,2 (t) of phantom source widening. In the tested cases 0 ≤ φ < π/2, this yields for the period P > 0 according to the appended Eq. (28)
which approximately equals cos( φ √ 2). Table 2 Table 2 , not only the IACC but also the ICCC seems to be an excellent predictor for the perceived width. Nevertheless, the ICCC only depends on the algorithmic parameter φ. Therefore, it is unable to estimate changes under more general circumstances, under which room and setup will have a natural impact on the apparent source width. However, in the acoustic situation of the experiment, theI CCC indirectly maps to the IACC E3 in a monotonic curve, see solid curve in Fig. 6 . Linear regression (dashed curve) yields
The relationship given in Fig. 6 is still valid if, instead of the phantom-source widening algorithms, variably correlated white noise signals are convolved with the binaural loudspeaker responses (dash-dot curve). This was also verified for another room (Sec. 6, Fig. 7a ) with dominant direct sound (dotted curve). Noise signals of 
Phantom source width controllability. At the central listening position, the IACC E3 directly increases with the ICCC. Their linear relationship has been shown before. According to measurements done with the setup described in the next section (Fig. 7a) , this is true for both amplitude-and phase-based widening. The corresponding IACC E3 values were measured to differ by 0.02 at most (rightmost columns in Table 1 ). Therefore amplitude and phase modification is expected to achieve similar widening in listening experiments; an expectation that goes along with our listening experience. For controlling the phantom source width, we ideally wish to achieve at least a just noticeable difference (JND) in the IACC E3 when increasing the ICCC by 0.1. As the JND for the IACC E3 is roughly 0.05 (Blau, 2002) , this means that we desire a slope of at least ∆IACC E3 ∆ICCC ≥ 0.5.
Evaluation at off-center listening positions
For the purpose of further evaluation, a series of binaural measurements have been taken in a different room and at various off-center positions. In particular, the measurement data shall clarify whether the amplitude-based widening method is more robust to lateral shifts. Results for IACC at different shifts and ICCCs. Figure 8 shows which IACC E3 values are accessible at different shifts, playing back correlated and correlated noise, i.e. ICCC = {0, 1}. This implies that any attempt to widen the phantom source could be ineffective at large shifts d ≥ 40 cm. for all |d| < 40 cm. Thus the phantom source widening is expected to work within this range of listening positions. This is true for all investigated settings and also various time-delays T = {1.6, 2.5, 5} ms of both filter structures. However, for |d| ≥ 40 cm the IACC E3 is obviously not controlled by the ICCC; for both algorithms. As the IACC E3 is related to the perceived source width, the perceived width at the farthest lateral listening positions seems to be indifferent to ICCC, as in Fig. 8 . Nevertheless, different ICCCs seem to produce other perceivable differences according to informal listening experience.
Coloration: Maximum third-octave level difference.
In order to observe whether the algorithms introduce perceivable spectral coloration when decreasing the ICCC, i.e. decorrelation, binaural third-octave levels are also measured. Levels are determined after summation of the third-octave powers across the both ear signals ( and lateral shifts d, for both algorithms and T = {1.6, 2.5, 5} ms. Clearly, the maximum deviation as a measure of sound coloration increases with the amount of decorrelation produced between the channels. Coloration also depends on the listening position. For small time-delays, the coloration of the phase-based approach is quite low, but there might be some phasiness perceived. For larger time-delay settings, both approaches become similar.
Conclusion
We presented a highly efficient filter structure for phantom source widening based on a frequencydependent modification of either phase or amplitude. Both ways of controlling the structure are powercomplementary at a high accuracy, yield the same inter-channel cross-correlation coefficient (ICCC), and use the same number of operations (4 delays of equal size, 8 additions, 10 multiplications depending on 3 variable weights). The algorithmic parameter φ allows to adjust the correlation of a mono signal used in stereo to a desired degree, with the relation ICCC ≈ cos( φ √ 2). Thinkable target applications are, e.g., stereo effect processors in audio mixing, the research of spatial hearing, and auditory interfaces in which the salience of sounds shall be controlled by spatial sharpness or width.
We took dummy head measurement at the central listening position to show the linear proportionality of the inter-channel coherence to the inter-aural coherence measured by the IACC, whose relation to the perceived phantom source width is known from former experimentation. Moreover, we could show that the controllability of the phantom source width has to do with the listening position. It strongly influences the slope in the dependency of the inter-aural on the inter-channel coherence.
By measurements at laterally shifted positions, we showed the ability of both amplitude and phase decorrelation to control the phantom source width for displaced listening positions within |d| ≤ 30 cm. This is largely independent of the size of the algorithmic timedelay within the interval of 1.6 . . . 5 ms. Neither of the algorithms controls the phantom source width outside the range of lateral shifts, according to the inter-aural coherence.
Both amplitude and phase decorrelation seem to cause sound coloration that increases with the parameter φ. The corresponding third-octave level differences to an unaltered phantom source are maximally 5 dB in all bands between 200 Hz and 12.5 kHz. This dependency is observed for all measured listening positions albeit the coloration of both algorithms behaves differently in its detail. For small time-delays the phasebased method seems to be better. 
Thereof, the ICCC is the maximal value within some time period P , i.e. ICCC = max |nT|≤P J n (2 φ), which yields just J 0 (2 φ) if 2 φ < π/2 or P is short. 
